Abstract-Internet telephony is viewed as an emerging technology not only for wireline networks, but also for third generation wireless networks. Although IP end-toend is considered the ultimate approach for future wireless voice services, there is still a long way to go before IP voice packets can be effectively transported over the air. Therefore, Internet telephony and today's circuit-switched wireless network will coexist for years to come, and it is essential to effectively perform interworking between these networks. This paper proposes the Unified Mobility Manager (UMM) that achieves efficient interworking between traditional wireless networks and Internettelephony networks. The main characteristic of the UMM is that it combines UMTS HLR and SIP proxy functionality in one logical entity, which helps eliminate the performance degradation due to interworking between SIP and UMTS. This paper identifies seven potential network architectures with and without the UMM and with varying degree of IP penetration in the wireless core networks, and performs comparative analysis in terms of their call setup signaling latency. Our performance results show that for SIP originated calls, the architecture with the UMM can achieve better performance when compared to existing UMTS networks without the UMM. Our results further show that when the backbone network is fully IPenabled, dramatic performance gain can be accomplished with the UMM for PSTN originated calls as well as for SIP originated calls. The paper also demonstrates that the UMM allows for a graceful migration from today's circuit-switched wireless networks to hybrid SIP/circuitswitched wireless networks, and towards the IMS architecture for all-IP UMTS networks in the future.
INTRODUCTION
Internet-based telephony is being widely researched and standardized for two primary reasons. One is the expectation that such systems will allow a vast array of new services. These include both common voice services as well as multimedia and integrated data services. The other is the desire to use a packet network to carry user voice, and hence bypass the significantly more expensive circuit-switched networks. Of course, providing the proper level of performance for the transport of signaling and user information (voice or multimedia traffic) is essential for the service.
Internet telephony is viewed as an emerging technology not only for wireline networks, but also third generation wireless networks. The key to enabling these new services is the use of Internet-based protocols and architectures for providing network control, i.e., initiating sessions and accessing services. The successfully transition from the current circuit-switched model to an Internet-based model requires a smooth migration that includes interworking between current telecom systems and Internet systems.
The most popular signaling protocol emerging for Internet telephony is the Session Initiation Protocol (SIP) [1] [2] . SIP is viewed as an enabler for unifying voice services such as conference calling and interactive voice response, with data services such as Instant Messaging and Presence and Availability Services [3] . SIP has become part of the next generation standards for both CDMA2000 and Universal Mobile Telecommunications System (UMTS) third generation wireless networks [4] [5]. The standards have thus far focused on how to use SIP end-to-end, i.e., signaling from and to a mobile device that supports SIP [6] .
In this paper we focus on introducing SIP signaling and Internet-telephony network elements into a UMTS network and gracefully migrating the network to a fully SIP-enabled system, an IP Multimedia Subsystem (IMS) in UMTS terminology. Mobile terminated calls may come from standard wireline phones in Public Switched Telephone Networks (PSTN) or Internet user agents in Internet. For the foreseeable future, mobile devices will not be SIP-enabled because of the complexity of transmitting IP voice packets over the air. Therefore, for SIP initiated calls, interworking between SIP and UMTS must be performed. This will be a typical scenario for many years while UMTS networks fully migrate to the IMS all-IP model.
The main contribution of this paper is the introduction of a new network element called the Unified Mobility Manager (UMM). With the existing approach, i.e. a UMTS network without UMM support, interworking between SIP and UMTS causes significant performance degradation. The UMM reduces this performance degradation by combining UMTS Home Location Register (HLR) and SIP proxy functionality in one logical entity. This eliminates unnecessary signaling procedures and yields tremendous performance gains, especially when combined with a SIP-enabled mobile backbone network.
A second contribution made by the paper is the definition of a smooth migration path of a mobile network from the current circuit technology used in 3G networks to the IMS all-IP model using the UMM. The UMM can be employed to support a migration path that helps bypass the circuit-switched network for PSTN originated calls. Depending on the criteria of the operator, the migration may be planned to either eliminate performance degradation from the deployment, or accelerate the ability to bypass the circuit-switched network. The UMM allows for several different alternative network architectures depending on the degree of IP penetration in its backbone network. In order to quantitatively evaluate the architectures with and without the UMM, we examine the network performance of the individual migration steps.
The remainder of the paper is organized as follows. In Section 2 we review the operation of UMTS networks and show how they will support SIP originated calls. In Section 3 we introduce the concept of the UMM enabling efficient SIP/UMTS interworking and describe two alternative network architectures based on the UMM for SIP originated calls. In Section 4 we analyze the performance of the networks discussed in Sections 2 and 3. In Section 5 we focus on mobile network architectures for PSTN originated calls that take advantage of an IP backbone. We propose two approaches that become possible with the UMM, evaluate their performance and compare them with the existing IP backbone network architecture. Our approaches can provide a graceful migration scenario towards IP-based wireless mobile network by first reducing the number of circuit-switches in a connection at the expense of performance, and then improving the performance. We conclude in Section 6.
II. CALL SET-UP IN A STANDARD UMTS NETWORK

A. PSTN Initiated Calls
There is one salient difference between cellular networks and the traditional PSTN in their addressing schemes. A telephone number in the PSTN, e.g. an international Integrated Services Digital Network (ISDN) number, contains the location information of the called PSTN Telephony Gateway (1, 2) IAM (msrn) Figure 1 visualizes how a call is delivered to a mobile phone in a UMTS network. We call this scenario PSTN-HLR (PSTN initiated call via HLR) approach in this paper. When a call arrives at a GMSC, the GMSC first contacts the HLR of the mobile user by sending a UMTS Send Routing Information (SRI) message. The HLR knows which MSC is currently serving the mobile through the registration process that happens upon power-up or upon movement to a new area covered by another MSC. The HLR then asks the serving MSC (SMSC) for a temporary routing number, MSRN, by using a UMTS Provide Roaming Number (PRN) request message. An MSRN has the same structure as an international ISDN number and is assigned to a specific SMSC. It includes the location information of the SMSC so that the SS7 signaling network can route a signaling message to the SMSC. Each SMSC administers a pool of such temporary numbers in order to handle simultaneous incoming call requests. When the SMSC assigns an MSRN to a mobile terminal, it stores the mapping from this number to the mobile's terminal ID, called International Mobile Subscriber Identity (IMSI). The assigned MSRN is then passed back through the HLR to the GMSC for extending a call leg to the SMSC. The SMSC locates the IMSI of the called party from its mapping table and delivers the call to the mobile. At the same time, the temporary number is released to the pool for other incoming calls.
B. SIP Initiated Calls
In order to deliver a call from a SIP network to a cellular network, it is necessary to select an appropriate Internet/PSTN media gateway from which calls can be bridged from one network to the other. Considerable effort has been spent to solve the gateway selection problem for Internet-to-PSTN interworking scenarios, and Internet-to-cellular interworking is currently accomplished in a similar fashion. The basic idea behind gateway selection is the introduction of a new SIP entity called a location server. Whenever a PSTN user is to be called, a location request is issued to the location server that is responsible for the actual gateway selection. Intradomain communication between SIP proxies and location servers is in the responsibility of a single administrative domain, and thus has not been standardized. Inter-domain exchange of information between location servers, on the other hand, is defined in the Telephony Routing over IP (TRIP) protocol [7] . In case of Internet/PSTN interworking, a location server can base the gateway selection process on knowledge of the complete call path since the location information is contained in the standard international ISDN number. The situation is, however, different for a call from SIP to a mobile phone, because here the phone number does not contain any location information, and hence a location server cannot base its gateway selection decision on complete information about the resulting call path. Scenario (2) in Figure 1 illustrates SIP-to-UMTS call delivery when today's Internet-to-PSTN interworking approach is reused. This approach employs the UMTS HLR, and we call it SIP-HLR (SIP initiated call via HLR) in this paper.
The SIP caller (user agent) sends a SIP INVITE request, INVITE sip:pn@domain.com, to the proxy responsible for the domain domain.com, in order to set up a call with phone pn. The proxy in turn contacts the location server for the gateway selection. Once a particular gateway gw has been selected, a SIP INVITE request, INVITE sip:pn@gw, is sent to the gateway. From pn, the PSTN network can recognize it as a call to a UMTS network. It automatically routes the PSTN call leg to the nearest-by GMSC. The rest of the call flow is the same as in the case of the PSTN-HLR scenario described in the previous section.
This approach has two drawbacks. First, the gateway selection process is based on the destination phone number, but this phone number does not reflect the current location of a mobile station. Consequently, the selection of the telephony gateway cannot be optimized. For example, consider minimization of the PSTN call leg as one of the most important selection criteria. Because the length of the PSTN call leg depends on the distance between GMSC and SMSC, it would be optimal to have the call routed to a GMSC that is as close to the SMSC as possible. This translates into routing the Internet portion of the call to an Internet telephony gateway that is as close to the SMSC as possible. However, due to the lack of information about the callee's location, the location server cannot do this. The second issue is the extra signaling overhead incurred by reusing the approach designed for a fixed network in a wireless network. In the above scenario, two location requests are required, one to a location server and a second to an HLR. We combine these two location queries into one with the UMM that we propose in the next section.
III. UNIFIED MOBILITY MANAGER (UMM)
The Unified Mobility Manger (UMM) provides mobility management, security management and unified user profile management for various mobile networks, including traditional cellular protocols (e.g. GSM, ANSI-41), 3 rd generation wireless networks (e.g. UMTS, cdma2000), as well as Internet telephony networks (e.g. SIP). The chief functionality of a mobile network is mobility management, namely keeping track of the current user location so that a call can be delivered to the right place. Currently this function is embodied over separate functional entities; ANSI41 and UMTS/GSM HLRs are used for North American cellular networks and UMTS/GSM networks, respectively. In SIP networks, mobility management is jointly handled by SIP registrars and SIP proxy servers. A SIP registrar maintains the IP addresses of its users, whereas a SIP proxy requests location information from the SIP registrar when an INVITE request arrives.
The UMM realizes these functions of different location management entities in one single entity by supporting multiple standard protocol interfaces. With its integrated database, the UMM can support the mobility management function for these networks in a unified fashion. Figure 2 shows the key components of the UMM. Interested readers are referred to [8] for a detailed description of the UMM.
Three key features of the UMM allow for effective and efficient interworking and call delivery. First, the UMM acts like a native mobility management entity from the viewpoint of each network. From the perspective of a UMTS network, for example, it acts like a UMTS HLR, while it works like a SIP registrar and a proxy server from the SIP viewpoint. The UMM can directly accept the mobility management protocol such as UMTS Mobile Application Part (MAP) so that interworking can be achieved without any modifications to other network elements, e.g. MSCs.
Second, it supports protocol interworking upon call delivery. A location request from a certain network, A, is sent to a UMM core server, which checks the current location of the user by interrogating the location database described below. If a user is registered in a network, B, different from network A, the location request is translated into the corresponding message of Protocol B. The response is then translated back to the location query response message of Protocol A.
Finally, the UMM maintains the integrated user profile database. A user can subscribe multiple types of networks, and their respective profile information is uniformly maintained in this database. Among the information stored in the database is the user location information. In the example of Figure 2 , the user subscribes UMTS, ANSI, and SIP services, and is currently roaming in the UMTS network at the serving MSC Z. This integrated user database together with protocol interworking capability of UMM facilitates user mobility across the subscribed networks as discussed in [8] . Figure 3 illustrates the call delivery mechanism to a UMTS phone with the UMM. For PSTN initiated calls, the UMM can act as a standard UMTS HLR. Thus, as shown in the figure, the call flow is the same as in the PSTN-HLR approach discussed in Section II.A. Also, the UMM will receive location updates from the UMTS devices, and hence know their location, i.e., their corresponding SMSCs.
A. Call Set-Up with the UMM
For a SIP initiated call using the UMM, which we call SIP-UMM scenario, the UMM appears as the proxy responsible for a particular domain, say umm.com. Now a SIP user agent can place a call to a mobile phone, pn, by sending a SIP INVITE request, INVITE sip:pn@umm.com, which is received by the UMM. The UMM knows the current serving MSC of the phone by virtue of the previous registration procedure discussed above, and sends a UMTS PRN message to the SMSC to obtain a temporary routing number, MSRN. Note that the MSRN is an international ISDN number including the location information of the SMSC. Therefore, the UMM can use this information to locate the best telephony gateway by using the standardized gateway selection approach to a regular fixed-wire phone, as described in Section II.B. Once a gateway, gw, has been selected by the location server, the UMM sends a SIP message, INVITE sip:msrn@gw, to the gateway. The telephony gateway translates this into an SS7 IAM call setup request message with msrn as a destination phone number, which will be routed to the SMSC. The SMSC eventually locates the mobile phone (imsi) from msrn, and offers a call to the terminal.
It is important to note that this call set-up scenario does not require modification of any component, including the SIP user agent and telephony gateway, other than the UMM. Furthermore, the call path can bypass the gateway MSC, which is normally needed to have the mobile phone number, pn, mapped to a temporary routing number, msrn. Bypassing this entity gives the UMM the freedom to select a telephony gateway anywhere between caller and callee, instead of somewhere between caller and the GMSC. This allows the UMM to minimize the PSTN call leg, for example.
When the backbone network becomes IP-enabled in the sense that the SMSC can directly accept SIP signaling and can terminate IP telephony media as proposed in [9] , we will be able to further reduce the number of signaling messages as well as minimize the PSTN call leg to the last hop from SMSC to the mobile. In this case, which we call SIP-UMM-SIPSMSC (SIP-UMM with SIP-enabled SMSC) scenario, the UMM will directly send a SIP message, INVITE sip:imsi@smsc, to the serving system as shown in Figure 3 , and the media path will be directly established between the client and the SMSC. This approach eliminates not only one signaling hop (e.g. SIP-PSTN gateway) but also the need of a temporary MSRN, because the MSRN is required for PSTN routing only. Therefore, when the SMSC is IP-enabled, the routing number interrogation procedure (UMTS PRN) becomes obsolete. Telephony Gateway IV. COMPARATIVE ANALYSIS In this section, we compare the performance of the proposed UMM-based network architectures with the current UMTS network architecture. As a metric, we chose the call setup signaling latency because this is the most important factor in the telecommunications signaling systems. We first describe the methodology used to compare the performance of the different systems, and then discuss the analytical results.
A. Model
We model each component in the network as an M/M/1 queuing system. Each message that arrives at a component, e.g., a MSC, will experience a certain queuing delay and service time. Combined, this is the sojourn time of a message through the network element. Summing the sojourn times of the messages required to complete a task at all elements they pass through yields the time taken to carry out the task. This method is based on that described in [10] with some simplifying assumptions. While we make simplifying assumptions, none affect the main goal of our analysis -comparing the performance of the various systems under like conditions. By relaxing the assumptions stated below, the absolute values of the figures may change, but the relative performance of the systems, and hence main conclusions, will not.
To determine the sojourn time of each message we first calculate the load on each element of the system. We assume that service requests (call establishment/release requests) arrive with a Poisson distribution. Because there is significant aggregation in the network between elements, we can assume that the arrival process at each element is also Poisson [10] . For simplicity we assume processing times are exponential. To determine the load on each element we use the message flows based on the networks in Figures 1 and 3 . These include procedures for call establishment for network originated calls and call release. The procedures for call establishment include the process of locating a mobile device, which is the main difference between the systems being analyzed. We did not include procedures for mobile originated calls because we assume that all devices are UMTS-based and hence there is no difference in their effect on the systems. Likewise we did not include location update procedures.
Consider network element e (e.g. SMSC, UMM, GMSC, etc.) and scenario s (e.g. PSTN-HLR, SIP-UMM, etc.). Let For this analysis we only consider call establishment and release procedures. The rates for these procedures are equal as we assume all calls are completed and hence eventually released. This assumption implies In a typical network, there will be a different number of each type of network elements. For example, a UMTS network may contain X GMSCs, Y HLRs, and Z SMSCs. In a properly engineered network, the ratio between the different network elements is chosen to have all elements equally loaded. For each scenario under consideration, we calculate the optimal ratio between all involved network elements in this respect. To do this we consider the overall processing load in each network scenario, and the processing load of each element in the network.
In order to do a fair comparison between the different network scenarios, we have fixed the total processing cost (resources) for all scenarios. For this purpose, we first determine the processing load on network element e for scenario s, To balance the load across each element in scenario s, we apply more processors to the elements that (1) through (7), and the message flows in Figures 1 and 3 , we determine the mean service time and utilization for each element in the system. We then determine the time taken to deliver a call to a mobile user by summing the sojourn times of each message required to carry out this task for each element.
For example, consider the current system shown in Figure 1 . The flow for a SIP initiated call (SIP-HLR scenario) is expanded in Figure 4 . The time taken to deliver a call originated from the SIP proxy to the UMTS device is the time taken for the following messages to be processed: INVITE (at the Proxy), select 2 (Location Server), select ack 3 
(Proxy), INVITE (SIP-PSTN Gateway), IAM (GMSC), SRI (HLR), PRN (SVLR/SMSC), PRN Ack (HLR), SRI Ack (GMSC), IAM (Tandem), IAM (SVLR/SMSC)
. Therefore, we sum the sojourn times of these messages to determine the call delivery time.
Likewise, the message flow for the delivery of a SIP call with UMM (SIP-UMM scenario) is expanded in Figure 5 .
B. Results
We compared the performance of the various scenarios presented in Figures 1 and 3 . Figure 6 shows the call delivery delay versus the call arrival rate for SIPinitiated calls for the networks described in Sections II and III. We include the call establishment delay of the current system (PSTN-HLR) as a benchmark. The processing times for each message used in this analysis are included in Appendix. They are normalized to the processing overhead of a single call delivery/release through a UMTS GMSC in the PSTN-HLR scenario. 2 Please note that the protocol for the communication between proxy and location server is not standardized. We use the message name "select" to denote a request for gateway selection that the proxy sends to a location server. The notation "select(entity)" means that the selected gateway is to be close to the indicated entity. 3 Similarly, "select ack" denotes the (non-standardized) message that returns the selected gateway back to the requesting proxy.
Therefore, the processing times for a GMSC sum to 1 for the PSTN-HLR approach. Average call delivery delay in the figure is also expressed by taking this normalized processing time at a GMSC as a single unit, while the call arrival rate is the one observed at a single GMSC in our baselined scenario, PSTN-HLR. Call arrival rates at other network elements in each scenario can be obtained through Equation (7) . In the current environment, in which calls are initiated from the PSTN and delivered to a UMTS phone the UMM and HLR act identically, and hence have the same performance (PSTN-HLR case). The main difference in performance arises when calls are initiated from a SIP terminal to be delivered to a UMTS device because interworking must occur. For the delivery of SIP calls using existing technology (SIP-HLR case), i.e., a SIP proxy and an HLR as shown in Figure 1 , the performance degrades by about 70% at a call load of 0.2. This is due to the extra signaling required to convert from the IP domain to the PSTN/UMTS domain.
When SIP is introduced using the UMM, performance is dependent on how much infrastructure in the network is SIP-enabled. We have plotted the two cases of SIP originated calls in Figure 6 . First we assume that no infrastructure besides the UMM is SIP enabled.
Figure 6. Performance evaluation for SIP initiated calls
Therefore, a gateway is needed between the IP network and the SMSC as shown in Figure 3 (SIP-UMM). The performance of this system is about 15% better than the current system at a call load of 0.2, despite the need for interworking. The reason is the reduced complexity of SIP signaling that partly replaces SS7 signaling. Second we assume that SMSCs are SIP-enabled, and hence no gateway is required (SIP-UMM-SIPSMSC). This scenario leads to about 70% better performance than the current system at a call arrival rate of 0.2. This is because the performance gain through SIP signalling is not offset by the need for gatewaying in this case.
The conclusion drawn from these results is that once the mobile backbone network is SIP-enabled, far superior performance will be achieved with a network using the UMM than with one in which an HLR and SIP proxy are present. Before the backbone network is SIPenabled and SIP-PSTN gateways are required, a network with a UMM (SIP-UMM) still achieves comparable or slightly better performance than a traditional circuitswitched wireless network with an HLR (PSTN-HLR).
V. NETWORK EVOLUTION FOR PSTN ORIGINATED CALLS Call origination from a SIP terminal will eventually be the common scenario for an all IP-based wireless network in the future. However, supporting PSTN originated calls will be the dominant scenario for many years while SIP enabled elements are gradually introduced. Such calls can be supported using the UMM or HLR with the current UMTS procedures in circuitswitch networks as shown in Figures 1 and 3 . However, once SIP-enabled network elements are introduced in tandem networks, they can be used to bypass expensive circuit-switch elements. This section examines several alternative approaches to deliver PSTN originated calls to a circuit-switched UMTS phone through SIP and IP media transport networks.
A. Approach
The introduction of the UMM enables two distinct migration paths that allow operators to choose between minimizing the amount of circuit-switched connections they use, or optimizing call establishment delay. Without the UMM, i.e., using the UMTS HLR/SIP proxy approach, PSTN originated calls that are carried over an IP backbone to a circuit-switched handset experience significant call establishment delays due to the restrictive nature of the network architecture. Figure 7 illustrates three alternative approaches for PSTN originated calls. The call labeled PSTN-HLR-IPBB (PSTN initiated call via HLR and IP backbone) is the only case possible without the UMM. This approach replaces the circuit-switched signaling and transport between the GMSC and SMSC with SIP and IP voice packets by the introduction of two media gateways. This is the typical approach used in today's longdistance/international networks to bypass the circuit transport networks. This, however, incurs performance degradation due to the extra signaling required to insert media gateways into the call path.
With the introduction of the UMM, several unnecessary signaling transactions can be eliminated. The first scenario is named PSTN-UMM (PSTN initiated call with UMM). Here, we can replace the UMTS based location request (SRI) with SIP based location request (INVITE). In this case, the GMSC must be SIP-enabled. We call such a GMSC an IP-enabled GMSC. In fact, 
Figure 7. Call Setup from PSTN to UMTS with UMM when Internet is used in the backbone
such an IP-enabled GMSC is nothing but a regular circuit-to-packet telephony gateway that happens to be deployed as an ingress point to a mobile network. When a call initiated from the PSTN arrives at the IP-enabled GMSC, it converts the IAM into a SIP INVITE and sends it to the UMM. The IP-enabled GMSC also has the function of translating PTSN voice into IP voice packets. Once the UMM receives the INVITE, it obtains a routing number from the SMSC using the UMTS PRN. It then routes the call through a media gateway onto the Internet. In this way, the voice information can travel over a packet network towards the SMSC, thus bypassing the circuit network. At the media gateway near the SMSC, the call is converted back to the PSTN format.
As the network further evolves and the SMSCs become IP enabled also, the system can further eliminate the SIP/PSTN gateway, gateway selection procedure via the location server, and routing number interrogation procedure with the SMSC (UMTS PRN). This scenario is marked as PSTN-UMM-SIPSMSC (PSTN-UMM with SIP-enabled SMSC) in Figure 7 .
B. Evaluation
In this section, we evaluate and compare the different cases for PSTN originated calls that are routed over an IP based network. The evaluation is based on the call flows presented in Figure 7 . As an example, Figure 8 denotes the PSTN-UMM scenario in more detail, including the message flow for call release. For the performance evaluation of the PSTN originated call setup scenarios, we use the analytical model described in Section IV.A. The message processing times are listed in the Appendix. Figure 9 shows the call delivery delay versus the call arrival rate for PSTN initiated calls. The figure includes not only the scenarios for calls with an IP call leg in the middle, but also the purely circuitswitched call set-up as a reference point.
Comparison of the individual graphs of Figure 9 yields the following observations:
For a standard UMTS network, the routing of PSTN originated calls over an IP call leg (PSTN-HLR-IPBB) results in a performance penalty of about 50% at a call load of 0.2, compared to a pure circuit-switched call (PSTN-HLR).
• The call set-up delay in a network with the UMM and IP enabled GMSCs (PSTN-UMM) is very similar to the pure circuit-switched case, even though interworking is performed. The performance of this system is within 10% of the standard UMTS network at a call load of 0.2.
A network with a UMM, SIP enabled GMSCs, as well as SIP enabled SMSCs (PSTN-UMM-SIPSMSC) leads to a performance gain of 55% at a call arrival rate of 0.2, compared to a pure circuit-switched call.
What these results show is that the best migration path for PSTN originated calls depends on whether there Carriers that want to use a packet-based network for signaling and the transporting of voice information between MSCs can do so today already with the PSTN-HLR-IPBB approach. Through the introduction of a UMM and IP enabled GMSCs (PSTN-UMM approach), these carriers can get the same call delay performance as if they routed the call entirely over a circuit-switched network. The additional introduction of IP enabled SMSCs yields a significant call delay speed-up of about 55%.
If, on the other hand, call delay performance is crucial, a carrier can skip the PSTN-HLR-IPBB approach, and directly introduce a UMM and IP enabled GMSCs. By so doing, they get the traditional call delay performance and still can bypass the circuit-switched network. Of course, the eventual evolution to a backbone network with IP enabled GMSCs and SMSCs, is beneficial in any case, due to the high gain in terms of call delay performance.
VI. FINAL STEP -UMTS IP MULTIMEDIA SUBSYSTEM
The IP Multimedia Subsystem (IMS) is the standard network architecture for all-IP UMTS networks. It assumes calls to arrive as SIP INVITE requests, and it requires SIP-enabled UMTS handsets. Our migration plan bridges the gap between a purely circuit-switched and a fully IMS compliant UMTS network. In this section, we shortly summarize the last migration step from the SIP-enabled backbone architecture we have described so far to the IMS network architecture.
In essence, an IMS network works as follows: When a user registers with the IMS, their user data is downloaded from the Home Subscriber Server (HSS) to a Serving Call State Control Function (S-CSCF) that controls all outgoing and incoming calls of this particular user. All incoming calls first arrive at an Interrogating Call State Control Function (I-CSCF). The I-CSCF first queries the HSS for the addressed user's current S-CSCF, and then forwards the SIP INVITE request to it. The S-CSCF executes the user's application services, and then passes the INVITE request to the SIP enabled mobile.
The SIP-enabled mobile network architecture we have proposed as the last step before handsets become SIP-enabled, on the other hand, consists of SIP-enabled GMSCs (for PSTN originated calls), the UMM acting as SIP proxy and registrar, and IP-enabled SMSC.
As soon as SIP enabled devices will be used, the SIPenabled SMSCs will be replaced by S-CSCFs, and the UMM will act as a combined I-CSCF and HSS. The latter change does not require major modification of the UMM, as the external SIP interface remains the same. What will need to be added to the UMM is a diameterbased interface to make the HSS user data accessible for the S-CSCFs.
Consequently, the main change for this final migration step is the replacement of the IP-enabled SMSCs by S-CSCFs. This replacement is due to the protocol change in the last hop of the call path. The IPenabled GMSCs, however, will still be used as ingress points to the all-IP mobile network for PSTN originated calls.
VII. CONCLUSION This paper has proposed the UMM, Unified Mobility Manager, that promotes effective and efficient interworking between today's wireless networks and voice over IP networks. The UMM can limit the performance degradation due to the interworking between SIP and UMTS. By combining UMTS HLR and SIP proxy functionality in one logical entity, it can eliminate unnecessary signal exchanges upon interworking. Our evaluation results have indicated that better performance is achieved using the UMM for SIP Figure 9 . Performance evaluation for PSTN initiated calls originated calls when compared to the existing techniques. Furthermore, we have demonstrated that dramatic performance gain can be accomplished with the UMM when the mobile network backbone becomes fully SIP-enabled for PSTN originated calls as well as for SIP originated calls. The UMM, therefore, helps the service operators migrate from the current circuit-switched wireless network to 3 rd generation wireless networks with SIP backbone, and towards all-IP based wireless networks in the future.
